Abstract. Listening for impairments introduced by multichannel audio codecs is an important
Introduction
Since the early 1990's, the development of stereo and multichannel digital audio delivery systems for consumers has expanded dramatically. Today there are diverse means for conveying audio to the home and to consumers on-the-go, such as recorded media (DVDs and Blu-Rays), over-the-air broadcasting, download, and real-time streaming. Each of these content delivery systems presents unique requirements regarding transmission channel bandwidth, which in turn requires audio codecs to span the operating range from high to very low bit-rates.
With this proliferation there is a growing need for content creators and broadcasters to understand which codecs are best-suited for their applications. A fundamental factor in this decision is coding efficiency, best characterized by evaluating subjective audio quality at a variety of bit-rates. Audio codecs are differentiated primarily in the manner in which audio quality changes with bit-rate, and that performance can improve over time. At the same time, there is limited formal subjective test data from independent organizations to compare relative codec performance. Furthermore, the test results that do exist often do not include all codecs under consideration by adopters, and/or may not represent state-of-the-art implementations. Therefore, there are benefits for codec adopters themselves to understand subjective test methodologies and, when warranted, to design and administer formal subjective tests in-house.
While objective criteria (that correlate with subjective measures) could provide some insight into the performance of a perceptual audio codec at higher bit-rates, there are no known objective measures that reliably correlate with subjective test results at low bit-rates where modern coding techniques such as parametric coding are employed. Therefore, formalized subjective listening tests are the most reliable means for determining which audio codec will deliver the highest quality to consumers at a given bit-rate.
One formalized approach to listening tests, for stereo as well as multichannel codecs, is provided as an international recommendation by the standards body International Telecommunication Union (ITU). Specifically, the recommendation ITU-R BS.1116 [1] provides a formalization, based on input from experts in codec evaluation area, of setting up and conducting critical listening tests for evaluating small impairments in audio quality from using multichannel codecs. A second approach is recommendation BS.1534 (MUSHRA) [2] which is used for listening for intermediate-quality impariments. In this paper we focus on only the BS.1116 recommendation for two-fold reasons: (i) given recent UltraViolet activity for which sufficiently high bit-rates were acceptable for this download format, (ii) given that there are ongoing proposals to modify, at ITU, the 1534 recommendation.
The organization of the paper is as follows. Section 2 provides a general motivation and overall block diagram for the elements associated with setting up a proper codec evaluation procedure using guidelines from ITU-R. BS.1116. Each of the individual subsections in Section 3 address specifics associated with each block of the block diagram in Section 3. Section 4 provides as an example the EBU Phase 3 procedure for evaluating emission and cascaded (emission/transmission) codecs using BS.1116 criteria. Section 4 concludes the paper.
Motivation for a Standardized Approach for Evaluating Multichannel Audio Codecs
The ITU Radiocommunication Assembly has introduced audio recommendation ITU-R BS.1116 for the testing, evaluation and reporting procedures for the subjective assessment of small impairments in audio systems, including multichannel sound systems (with or without picture), with the audio attributes for judging as specified in ITU-R BS.1284 [3] (replacing 562). The recommendation was prescribed given that subjective listening tests permit assessment of the degree of annoyance caused to the listener by any impairment of the source signal during its transmission (encode, emission, decode) between the originating source and the listener. Furthermore, the recommendation acknowledges that: (i) classical objective methods may not be adequate in assessing advanced audio coding schemes and that perceptual objective assessment methods are being continuously developed for testing the sound quality of sound systems; (ii) the use of standardized methods is important for the exchange, compatibility and correct evaluation of the test data; (iii) that the introduction of new advanced digital audio systems exploiting psycho-acoustic properties, especially with small impairments requires advancements in subjective assessment methods; (iv) that the introduction of multichannel sound systems requires proper subjective assessment methods, including the experimental conditions.
Clearly, given the need to determine appropriate bit-rates for lossy coding techniques and the degree of variability involved in the setup, equipment (loudspeakers), program material, listener pool, impairment identification training/judging, and analysis of listener feedback; the ITU recommendation for conducting formal, and scientifically motivated, subjective tests would be of significant benefit to studios, broadcasters and other multichannel content creators for evaluating codecs for emission.
The ITU-R. BS.1116 Recommendation for Evaluating Perceptual Audio Codecs
Accordingly, the ITU recommendation can be summarized with the block diagram in Figure 1 . 
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Each of the blocks in Figure 1 will be described in the following sub-sections.
3a. Experimental Design
Identification of Appropriate Standardized Testing Recommendation
The first step of any experimental design related to testing of coded content is identifying the quality level of the content intended for comparison. It is critical to differentiate whether the coded content is considered high-quality and having only small impairments, or mid-range quality and having more significant impairments. For mid-range quality content, the test developer should be directed to Recommendation ITU-R BS.1534. For high-quality content, the test developer should be directed to Recommendation ITU-R BS.1116. In addition to a priori knowledge regarding the quality levels that differentiate the coded content, it is always critical to listen to exemplars of the intended content for comparison to assure the quality level of the actual content prior to beginning any testing.
Recommendation ITU-R BS.1116 describes a suggested experimental trial design for comparison of coding test systems expected to have small impairments. This often means that the algorithms being compared are more similar to one another in overall quality than comparisons made between mid-range algorithms. However this assumption is not always valid, and should not be used as a method to identify the appropriate test methodology for the coded content. In some instances, it may be the case that multiple mid-range coding solutions are perceived similarly in overall quality. In these instances, Recommendation ITU-R BS.1534 remains the appropriate test recommendation to use as a guide for the comparison of the coded content. Conversely, two coding algorithms that are more differentiated from one another, but more similar in overall quality to the Original Reference Condition, shall still be compared using Recommendation ITU-R BS.1116 as a guide. Currently, the relative differentiation between the coded content and the Original Reference Condition remains the sole identifier that serves as a differentiator for identifying the appropriate comparison test methodology as specified by a Standardized Testing Recommendation. For consistency in the present tutorial, it will be assumed that the comparisons are of high-quality content, and all test design and experimental details will be specified with reference to Recommendation ITU-R BS.1116.
ITU-R Recommendation BS.1116 Trial Design
Every trial in an ITU-R Recommendation BS.1116 test compares a single coded condition with an Original Reference Condition. For a single trial, a listener is presented with three instantiations of a single test item: 1) A Known Reference Condition, 2) A Hidden Reference Condition, and 3) A Coded Condition, representing one of the coding systems at test. The known system (1) is always displayed separately and in a position that the description of the condition as a Reference signal is made obvious to the listener. The labeling of conditions (2) and (3) is always hidden from the listener as well as the test administrator (double-blind) and the ordering of these two conditions (2 and 3) in placement relative to the Known Reference Condition (1) must always be randomized. See Figure 2 .
The test design described by ITU-R Recommendation BS.1116 allows that at any time a single test system is only compared to a Reference Condition. ITU-R Recommendation BS.1116 does not describe, or allow to occur within specification, any relative comparisons across test systems within a single trial.
3b. Selection of Listening Panels
A key step in subjective audio quality testing is the selection of listeners to form the listening panel. Ultimately, the test duration and reliability of the final results will be determined by the abilities of these individuals. Listeners must generally be able to detect differences in a variety of different audio program attributes, such as audio bandwidth, sound clarity, spatial image width, directional sound effects, and ambience. For this reason, listeners should be sought from groups where individuals with high listening expertise will be found.
Listening panels in accordance with BS.1116 rely on audio quality assessments from two listener teams. As described further in Section 3e, the expert listening team is responsible for selecting critical program material for each codec in the test. All expert listening team members should be very familiar with the type of audio quality impairments that will be encountered during the test. As quality of the codecs under test increases, the importance of having expert listeners and excellent listening room conditions increases commensurately. A second listener team, comprised of test subjects, is responsible for carefully assessing and grading all test items.
In addition to listener pre-screening, some form of subject post-screening is recommended whereby the ability of each subject to provide reliable ratings is assessed. This assessment can be based on the ability of a subject to make consistent repeated ratings. In BS.1116, the data obtained from each subject can be subjected to a statistical test (one-sided t-test) from which it is possible to conclude that he/she was not merely guessing. Secondly, the assessment can rely on inconsistencies between one subject's ratings compared with the mean across all subjects. If a small number of subjects rate one or more codecs at either extreme of the scale, and the mean across all subjects use the other extreme, these subject ratings could be classified as outliers.
If after application of the post-screening rules the ratings from one or more subjects are deemed outliers, all ratings from that subject are discarded since they would otherwise contribute noise rather than meaningful results to the test. Because listener post-screening has the potential of introducing test bias, caution should be exercised. The goal is to have a fair assessment of the audio quality for each codec in an overall sense and on each audio test item separately. For these reasons the post-screening rules are ideally established prior to the start of subject grading.
3c. Test Methods (viz., Training/Grading)
This section provides a summary of the basic training and grading methodologies of BS.1116. Initially, subjects are led through a training session that exposes them to audio coding artifacts similar to those that will be encountered during the grading phase. The training phase improves subject reliability and consistency, and hence is a critical part of the test process. Training session leaders must have awareness of all coding artifacts and be able to describe them to others as necessary. Members of the expert listening team are excellent candidates for this role.
Upon successful completion of the training sessions, subjects begin one or more grading sessions where audio stimuli are presented in a sequence of trials over loudspeakers or headphones. Listeners are instructed to assess basic audio quality, taking into account all aspects of the audio test items. A summary of the impairment types commonly encountered in audio coding is provided in Section 3d. Listeners are asked to assign an overall subjective rating for each stimulus by amalgamating the various impairments according to their own preference. Listeners are also requested to assess audio items in their entirety before assigning a rating.
The test format is typically double-blind with hidden reference. Assessment and grading is conveniently performed using a computer software application with integrated audio playback, stimuli switching, and grading controls. Subjective rating scales relevant to the test are also displayed. Looping across short segments of the sound is permitted, thereby increasing subject's ability to discriminate small differences.
The five-grade impairment rating scale for BS.1116 is indicated in Table 1 . In this method, each trial contains a known reference and two items to be graded using the scale. One of the items is a codec under test, while the other is a hidden reference. The hidden reference assignment to stimuli switching controls is randomized from trial to trial, and across subjects. An example listener control panel for the BS.1116 test is presented in Figure 3 . 
3d. Attributes (Judging Impairment/Artifacts)
The impairment of the sound quality or generation of artifacts caused by a codec under test is evaluated via the assessment of sound attributes. These attributes can be divided into three classes:
 Basic audio quality for monophonic, stereophonic, and multichannel reproduction.
 Stereophonic or frontal image quality for stereophonic and multichannel reproduction  Surround quality impression for multichannel reproduction Basic audio quality attributes are related to the addition of signal correlated noises; loss or increase of high-frequency spectral levels; warbling, pumping, or twitter; pre-or post-noise smearing during transients; increase in apparent reverberation; distortion or grungy sounds; loss or increase of low-frequency spectral levels; and high-frequency phase distortions.
Stereophonic or fontal image attributes are related to the perceived changes in the spatial sound image perceived by the listener. This includes narrowing, spreading, movement, other spatial distortions, and changes in the stability of the sound image.
Surround quality impression attributes extend the frontal image assessment of differences to include perceived spatial sound image changes in other directions than front. Characteristics to be assessed include the perception of changes in envelopment, reverberation, and spatiality.
A good resource to familiarize listeners with artifacts in compressed audio signals is a CD and paper by Erne [4] . Because the number of attributes being considered increases as channel count increases, the difficulty also increases because listeners must evaluate and compare a greater number of sound quality attributes or characteristics. Often the most important attributes affecting codec performance are the basic audio quality attributes [1] . New evidence suggests that basic audio quality has a strong correlation to timbral fidelity compared to front and surround spatial fidelity [5] . This information could further be utilized for training listeners.
3e. Program Material Selection
The selection of audio test items is typically one of the most complex and time-intensive phases of the test process. In order to reach valid conclusions, the test must employ critical audio items that reveal subjective performance differences between the codecs under test. Since the performance of one specific codec can vary dramatically with program material, the test results and hence overall conclusions can be strongly influenced by the choice of program material.
For the aforementioned reasons, responsibility for selecting material should be given to a team of expert listeners that are very familiar with the type of quality impairments that will be encountered during the test. The team's objective is to find audio material that reveals the worst-case subjective performance for every codec in the test, and then produce by consensus a final set of items to be graded by subjects.
The process begins by compiling a very broad library of program material and processing it with every codec. The team then auditions all files to identify examples of worst-case performance for each codec. The library should include, but not be limited to, "codec breaker" items that were found to stress codecs in previous listening tests. Also, any program material that can be considered a potential broadcast item is allowed. Synthetic signals designed to stress one codec are disallowed.
The team continues this process in a sequential fashion, narrowing the number of surviving items in each step. The final set of items to be graded by subjects should meet the following conditions:
 The worst-case items for every codec are included. Furthermore, balance should be achieved in the number of worst-case items per codec. For example in a test containing four codecs, the two or three worst-case items for each codec can be included, yielding a maximum of 8-12 test items. It is not uncommon for multiple codecs to share the same worst-case item, in which case the size of the final set can be reduced accordingly.
 A balance of different signal and program material types are represented. Selecting multiple items that expose the same weakness of one codec is a potential source of test bias. As a general guideline, the test set should include items characterized by:
o short-term stationary dense harmonic structure (e.g. harpsichord)
o distinct rapid amplitude changes (e.g. castanets)
o dense rapid amplitude changes (e.g. close-mic'ed applause) o wide sound image (improves detection of spatial soundfield impairments)
o vocals (e.g. solo vocals, vocals with music and effects, live vocals with music) o a balance of music forms (e.g. pop, jazz, R&B, classical) commensurate with the expected frequency of occurrence in actual broadcasts  Items should be 10-20s in duration and not annoying or wearisome. These limitations help to avoid subject fatigue and a commensurate drop in rating reliability.
3f. Reproduction Devices
The BS.1116 standard requires a high level of performance for the loudspeaker and headphone systems used in the small impairment tests. Careful specification of performance is necessary because the audio quality of the sound reproduction needs to be high and sonically neutral for the test to be effective in fairly evaluating small codec impairments. The frequency response, time response, sound output level, distortion, and noise level all need to be sufficiently good enough to prevent the reproduction system from being a limiting factor. Testing for monophonic, two channel or 5.1 channel configurations utilizes loudspeakers. Headphones are used to conduct monophonic and two channel tests.
The headphone characteristics are briefly covered in the standard, saying that studio monitor headphones are required, the inter-channel delay should be less than 20 s, and the frequency response should have a flat a diffuse field response, as per ITU-R BS.708 [6] . A commonly used headphone for this type of test is the electrostatic headphone, the Stax Lambda Pro, plus the Stax ED-1 diffuse-field filter.
The rest of this section concerns the detailed criteria for loudspeaker system performance.
The standard specifies a number of stringent frequency response requirements for the loudspeakers. Since the room reflections are not included, these measurements require the use of anechoic measurements or quasi-anechoic, impulse response based measurements, see Vanderkooy and Lipshitz [7] . The 1/3-octave, on-axis frequency response should be within a 4 dB range between 40 Hz to 16 kHz when the loudspeaker is driven by pink noise. Off axis, the response at horizontal angles of  10 and  30 should not deviate from the on-axis response by 3 dB and 4 dB, respectively. The loudspeakers should also be well matched in frequency response and should be similar amongst themselves to within 1 dB over the frequency range of 250 Hz to 2 kHz.
Another criterion is transient fidelity. This is defined as limit for loudspeaker impulse response decay time in an anechoic environment.
Where s t = decay time constant ( time to reach 37 % from the maximum at that frequency) This is obtained from an anechoic or quasi-anechoic measurement of the impulse response, filtering for each frequency in question, and examining the time-domain response. The transient fidelity requirement is designed to eliminate loudspeakers with high-Q resonances in their response.
A spatial uniformity criterion is also included and based on the directivity index (DI). The criterion is that DI should range between 0 dB -12 dB and be constant for the frequency range 40 Hz -10 kHz. DI is defined as the anechoic ratio of the total sound energy, over all directions to that on-axis. If DI = 0, dB this means that the speaker is completely omnidirectional, with the higher decibel number indicating a more directional the loudspeaker. Because loudspeakers generally have a DI = 0 at 40 Hz the requirement for DI uniformity implies the use of a very omnidirectional loudspeaker.
Since the above frequency response, transient fidelity, and directionality criteria require access to an anechoic chamber to do properly, this information should be obtained from the loudspeaker manufacturer.
The next performance criteria are more easily made and can be done "on site."
A frequency response uniformity criterion is specified for the 1/3-octave magnitude-frequency response when each loudspeaker is driven by a pink noise stimulus. The frequency response variations should be no greater than +3 dB between 50 Hz -16 kHz and no less than -3 dB between 250 Hz -2 kHz, with wider lower limits outside this range, sloping at 2 dB/octave to -7.64 dB at 50 Hz and sloping at -1.5 dB/octave to -7.5 dB at 16 kHz. Although not in BS.1116, we recommend that these response measurements be based on the root mean square (RMS) average of the magnitude-frequency responses of at least four microphones placed around the reference listening position(s). This reduces the effect of position-dependent room mode and interference effects.
Non-linear distortion criteria are also specified to prevent loudspeaker distortion artifacts from masking the codec impairments being tested. The sinewave distortion limits for any harmonic distortion component are given below when the loudspeaker is driven to produce a 90 dB sound pressure level (SPL) at the reference position. Again the RMS average from the four microphone positions should be used both the level and distortion measurements. where frequency f  Another requirement is that the overall time delay difference between all loudspeakers should not exceed 100 s. The time delay is measured by the difference between the maximum value positions for impulse response measurements of each loudspeaker at the center of the listening position.
The loudspeakers and sound reproduction system must be able to produce 108 dB SPL at the reference listening position, for at least 10 minutes without damage or overload occurring. This level is measured with a sound level meter employing flat weighting and RMS averaging. The stimulus is a filtered pink noise signal, as specified by IEC Publication 268-1 [8] .
Each loudspeaker must also have an output noise level of less than 10 dBA at the reference listening position. This can be determined by the combination of a measurement of the electrical noise at the loudspeaker terminals and the loudspeaker sensitivity specification as, 
3g. Listening Conditions
The term "listening conditions" is related to the acoustic requirements for a reference sound field affecting a listener in a listening room at the reference listening point, for sound reproduced by loudspeakers. The requirement imposes specific elements to: (i) the acoustical characteristics of the listening room in terms of reverberation, (ii) the arrangement of the loudspeakers in the listening room, and (iii) the location of the reference listening point or area.
For multichannel reproduction, the recommended room size in terms of floor areas should be 30-70 m 2 . In terms of the acoustical characteristics, the listening room should satisfy the following dimension ratios to have uniform low-frequency eigentone distribution. Specifically, the room proportions should satisfy 1.1w/h <= l/h <= 4.5w/h -4 where l is the length, w the width, and h the height. Additionally, the conditions l/h < 3 and w/h < 3 should apply.
The mode frequency distribution as an example in the case when the conditions are satisfied in the limit where l/h=1.1w/h, and l/h=4.5w/h-4 (viz., l/h=1.294 and w/h=1.1765) are given in (4) for the first 5 n's for axial waves using (l=l y ,w=l x ,h=l z ) [9] : The reverberation time T 60 should fall within the tolerance bounds and can be determined by bandpass filtering the measured room impulse response in 1/3-octave bands and then using the Schroeder integrated impulse response method [10] for computing T 60 in that band. The loudspeaker arrangement in the ITU 1116 recommendation refers to the ITU-R BS.775 [11] recommendation and is shown in Figure 5 below. The base width preferred limits are B = 2-3 m. Values of B up to 5 m may be acceptable in suitably designed rooms. The reference listening distance shall be B and thus the reference base angle is equal to 60°.
According to the ITU 1116 recommendation the characteristics of the sound field at the listening area are most important for the subjective perception of, or the quality assessment of, auditory events and their reproducibility at other listening places or rooms. These characteristics result from the interaction of the loudspeaker(s) and the listening room.
At the present time the following characteristics may be described.
(a) Frequency response of monitor loudspeaker
The frequency response of the loudspeaker(s), measured under free field conditions, should fulfil the requirements shown in § 3f.
(b) Reflected sound
Early reflections
Early reflections caused by the boundary surfaces of the listening room, which reach the listening area during a time interval up to 15 ms after the direct sound, should be attenuated in the range 1-8 kHz by at least 10 dB relative to the direct sound.
Late energy
In addition to the specified requirements for early reflections and reverberation, it is necessary to avoid other significant anomalies in the sound field, such as flutter echoes, tonal colorations, etc. The operational room response curves are defined as the one-third octave frequency responses of the sound pressure levels produced by each monitor loudspeaker at the reference listening position, using pink noise over the frequency range 50 Hz-16 kHz. The measured operational room response curves shall fall within the tolerance limits given in Figure 6 . The differences between the operational room response curves produced by each of the front loudspeakers at the reference listening point are specified to not exceed 2 dB within the whole frequency range. The specific approach to obtain this operational room response will be detailed in 3(f) below.
Background noise
The continuous background noise (produced by an air conditioning system, internal equipment or other external sources), measured in the listening area at a height of 1.2 m above the floor should preferably not exceed NR 10 (see Figs. 7 and 8 ). Under no circumstances should the background noise exceed NR 15. The background noise should not be perceptibly impulsive, cyclical or tonal in nature. 
(d) Listening level
The level alignment of each of the loudspeakers of a listening arrangement must be carried out using steady-state pink noise. For a measuring signal with an rms voltage equal to the "alignment signal level" (0 dBm0s according to Recommendation ITU-R BS.645 [13] ) -18 dB below the clipping level of a digital tape recording, according to [EBU, 1992] ) fed in turn to the input of each reproduction channel (i.e. a power amplifier and its associated loudspeaker), the gain of the amplifier shall be adjusted to give the reference sound pressure level (IEC/Aweighted, slow) as in (5) where n is the number of channels.
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(e) Time-alignment
The delays from all the loudspeakers to the listening position should all be aligned to the same value to compensate for slight off-axis variations. This can be achieved by measuring the inroom impulse response and delaying each of the channels to match the first arrival of the delayed loudspeakers to the one exhibiting the largest acoustical delay. The measurement technique of in-room responses, for time-alignment and equalization, for obtaining the prescribed in-room operational response curve are described in the next section.
(f) Steady-state equalization for aligning the in-room operational loudspeaker response
The ITU 1116 recommendation states that "The characteristics of the reference sound field at the listening area are most important for the subjective perception of, or the quality assessment of, auditory events and their reproducibility at other listening places or rooms. These characteristics result from the interaction of the loudspeaker(s) and the listening room". An important element is to account and compensate for the interaction of loudspeakers and room, through equalization, to achieve the objective of a prescribed operational in-room response given in 3(g). The recommendation is not clear on this. Accordingly, some of the aspects in equalization that will compensate for the interaction of the loudspeaker and listening room is described below.
An appropriate procedure for performing equalization, instead of a single microphone position representing center of head, is averaging the head-area magnitude responses before applying equalization. This ensures that small variations in head-postions are accounted for as well as generally smoothing out narrow peaks and notches. Additional, perceptually motivated smoothing with fine resolution (1/20 th or better) in the lower frequencies can be performed with a tradeoff at higer frequencies to Equivalent Recatngular Bandwidth (ERB) [14] or 1/3-octave. Additional details regarding measurement techniques and proper procedures for correct in-room operational response equalization can be found in various literature including [15, 16] .
They key points of note are the stimulus signal (e.g., Pink noise, sine-sweep, MLS timestretched pulse etc). Different stimulus have their inherent advantages. For example, logarithmic sine-sweep employs exponentially time-growing frequency sweep and is able to simultaneously separate the room impulse response from second/third/higher-order distortion components (i.e., measured response does not depend on nonlinearities). Log-sweep is causal and stable (minimum-phase) and hence fft based inversion can be directly performed to extract impulse response (computationally efficient). If SNR is of consideration, Table 2 summarizes data from published literature [17] . 
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3h. Statistical Analysis and Presentation of Results
The presentation of test results should start with the findings regarding overall performance for each codec. In the past this has been presented graphically as means and 95% confidence intervals. Systems could be distinguished using the confidence intervals: any two codecs are statistically different (p < 0.05) if their confidence intervals do not overlap. A recent presentation method includes box plots in place of the confidence intervals, allowing readers to visualize properties of the underlying data including the: median value, inter quartilie range, additional experimenter defined ranges of the data set, and outlying values. This allows data visualization without making any assumptions regarding the underlying statistical distribution.
From a more fundamental perspective, if the assumptions for parametric tests are met, the efficiency of an audio codec is often well characterized by a graph presenting subjective audio quality on the vertical axis and bit-rate along the horizontal axis. This graph can be constructed as the locus of overall mean grades across a useful range of bit-rates. It is expected that the subjective quality of each codec (both in an overall sense and per-item) should increase monotonically with rising bit-rate.
In addition to the overall mean ratings across items, it is insightful to present the per-item means. When this data is presented graphically, it allows readers to quickly understand how robust codec performance is across different types of program material. A well-designed and tuned codec typically exhibits nearly uniform performance across all test items. This provides assurance to the codec adopter that the minimum audio quality requirements of the content delivery channel will be consistently achieved.
Finally, the results should be accompanied by a description of the program material selection process, subject expertise, listener pre-and post-screening rules applied (if any), audio test items, and the number of test subjects.
In many cases it is true that the assumptions for use of parametric tests of significance are not met. Parametric statistics make strong assumptions regarding the underlying distribution of the data, whereas non-parametric statistics do not [18] . This is critical to differentiate. For example, when means and variances are used to visualize the data, a mean will be shown with symmetric confidence intervals about the mean. With sample sizes typical of human listening tests, it is often the case that the data are not symmetrically distributed, and a single outlying value may be modifying the placement of the mean and not clearly representing the actual distribution of the data. While there are no rules for methods of visualization, box-plot methods allow a more thorough and insightful visualization of the data to help guide use of the appropriate subsequent test of significance. Box-plots also help more thoroughly understand informative characteristics of the data. Failure to satisfy the assumptions underlying parametric tests of significance can happen with data sets from many different sample sizes. However, human listening tests generally have small sample sizes --fewer than 25 listeners. This is true because it simply is not practical to test large numbers of subjects. It is also true that small sample sets are more likely to fail in the assumptions underlying parametric tests of significance. While the number of listeners does not determine whether assumptions of parametric tests can be assumed to have been met, in these situations achieving a robust understanding of the data, and test of significant differences across comparison conditions, can be approached with non-parametric methods when appropriate. Larger sample sets may also still show skew and unequal variance across comparison groups that should be identified and considered during the interpretation of the data. The following section describes methods for assessing more information about the data through non-parametric box-plot visualization, and methods for identifying whether parametric or non-parametric tests of significance may be more appropriate.
Descriptive Statistics/Visualization
Once data collection is complete, it is critical to visualize test results. Historically, parametric descriptive statistical methods, such as means and confidence intervals, have been used for data visualization. These parametric methods are suggested in Recommendation ITU-R BS.1116 and are currently described in Recommendation ITU-R BS.1534. However, a recent preliminary revision of Recommendation ITU-R BS.1534 modifies this recommendation to first visualize all data using non-parametric statistical methods. The following descriptions capture this shift in approach and are recommended [18] [19] so as to provide an informed method for identifying whether parametric or non-parametric statistical tests of significance are most appropriate for the identified data set. Parametric methods make assumptions regarding the underlying distribution of the data that are often not satisfied. Visualization of data using parametric methods may not provide a user the most informed representation of the test results to better guide their subsequent choice of statistical significance test. In this way, it is highly recommended that all data first be visualized using non-parametric descriptive statistical box plots as shown in Figure 9 . Box plot representations depict: a) the median value of the distribution as a horizontal center line for data that describe each test comparison, b) the surrounding interquartile range (range within which 50% of the data fall about the median value) as a box about this center line, and c) outlying response observations as individual data points. The box plot representation enables an understanding of the symmetry (skew) and spread (variance) of the distribution that subsequently directly influences whether parametric or non-parametric methods of statistical significance testing should be used in the analysis. Additionally, the box-plot descriptive representation provides a useful and informative method to better understand and interpret the data. For example, in a specified BS.1116 test, it is possible for data from two different test conditions to have similar mean values and confidence intervals. However, in reality they may have significantly different underlying data distributions. In scenario (1), data may be normally distributed about the mean with a variance of 1. In scenario (2), data may be highly skewed towards lower values than scenario 1 with a few outlying values influencing and pulling up the overall mean. In these scenarios, differences in the two data sets would be immediately obvious using non-parametric box-plot visualization techniques. Additional benefits to a user in having this information include helping provide useful and robust test results by identifying the presence and treatment of response outliers in the data set.
Determining Significance
If descriptive statistics and data visualization reveal data are normally distributed and of equal variance, it is appropriate to use parametric statistical methods. Suggested methods for tests of significance include t-tests and ANOVA. Parametric statistics can be more sensitive than nonparametric statistics as long as all assumptions are satisfied. However, once assumptions underlying parametric tests of significance are not satisfied -often true with small sample sizes --non-parametric methods become both more sensitive to real differences in the data distribution, as well as the correct, rather than optional, choice in implementation. Following box-plot visualization, F-tests may be used to determine homogeneity of variance across test conditions. If non-significant, parametric tests are justified and the user should refer to standard methods for comparison of means such as t-test and ANOVA as described in Recommendation ITU-R BS.1534. However, if there is any indication from either the box-plot or F-test to suggest that data do not satisfy the assumptions of parametric tests, it is recommended that non-parametric tests of randomization [18] [19], [20] be used for the comparison of data from the conditions in comparison. The following description captured from a working revision of Recommendation ITU-R BS.1534 describes how a comparison between two conditions would be made using a non-parametric test of randomization. The same approach may be considered appropriate for data collected within the guidelines of Recommendation BS.1116:
Description of non-parametric statistical comparison between two samples using re-sampling techniques and Monte-Carlo simulation methods
Non-parametric tests of randomization may be used with common re-sampling techniques such as bootstrapping procedures to determine the significance of most any statistical result. For example, the significance of an observed median response difference between two test signals (of sample sizes = N1 and N2) may be computed in the following manner: The actual difference between the medians of each sample must be noted and will be referred to as Diff ACT_1 . All data from these samples will then be aggregated into a single file or vector. A bootstrap procedure would be used such that for each iteration the aggregate set will be permuted with samples drawn of size N1 and N2 without replacement. The difference between the medians of the randomly drawn two samples will be recorded as Diff EST_1 . This procedure may then be repeated 10000 times and the ratio of the number of times Diff EST_N exceeds Diff ACT_N divided by 10000 will yield a corresponding p value. If the total number of times Diff EST_N exceeds Diff ACT_N is less the 500 (500/10000 = .05) the difference between the two means may be said to be significant at a level of .05, p<.05.
Non-parametric tests are robust to the underlying assumptions of parametric tests, and provide a powerful and appropriate alternative to determining statistical significance.
3j. Contents of Test Reports
Test reports serve as a window to the experimenter's thought process, and as guide for implementation and replication of the results. Details for deciding and specifying each of these components can be found in sub-sections of this manuscript.
EBU Phase 3 Procedure for Evaluating Multichannel Codec
Performance using ITU-R. BS.1116
In this section, the European Broadcasting Union (EBU)-Phase 3 [21] procedure using the BS.1116 procedure will be exemplified. The European Broadcasting Union (EBU) D/MAE (i.e., Multichannel Audio Evaluation) group has been assessing various multichannel audio codecs over the past several years for broadcast applications. The tests have been split into three Phases. The first two Phases covered emission codecs, whereas Phase 3 tests covered cascaded codecs. One of the aims was to understand if the presence of several distribution codecs would have an adverse effect on the coding quality of an emission codec. The report for Phases 1 and 2 is included in EBU Tech 3324.
The difference in Phase 3 was the use of the BS.1116 type testing as opposed to MUSHRA or BS.1534 types which were used in Phases 1 and 2. The underlying reason for this change was because it was hypothesized that the quality being assessed would be high and the differences between cascaded codecs (and reference) would be small.
The test material used in Phase 3 was used from Phase 1 or 2 since there weren't any new updates to the emission codecs under test after the Phase 1 and 2 tests were completed. The results showed that the emission codecs (which usually operate at a far lower bit-rate to the distribution codecs) were the main influence on quality--notwithstanding, that there were still significant, albeit smaller, differences between the different distribution codec cascades.
Due to the large number of measurements involved in these tests, a single laboratory would not have been able to perform all the tests required in a reasonable time scale. The work was therefore divided among the following EBU Member laboratories, specifically the Institut für Rundfunktechnik (IRT), Sveriges Radio (SR), and the Westdeutscher Rundfunk (WDR). Each laboratory performed part of the overall test workload such that each part of the tests was performed by at least two laboratories. In this way it was possible to assess whether or not the results from different laboratories were sufficiently well correlated. The ITU-R BS.1116 method allows such sharing among several laboratories.
A variety of multichannel audio (MCA) codecs that are presently used in radio, TV and the internet. It is likely that chains of different codecs (using varying parameters) will be used in the broadcast chain consisting of the studio, contribution, distribution, emission and also in the home environment.
The present EBU tests involved several MCA codecs fulfilling at least one of the two following criteria, (i) they must be standardised by the DVB Consortium (TS 101 154), or (ii) be commercially available and/or attractive for use in broadcasting.
In order to identify the codecs corresponding to the above conditions, D/MAE analysed the whole broadcast chain, including production, contribution, distribution and emission, as used by the participating EBU member organisations, and identified possible MCA codecs. For details, see EBU Tech 3324.
The following fifteen MCA codec chains were tested in Phase 3 (Table 3) . The MCA codec parameters which remained consistent during the tests included 5.0/5.1 channel audio modes, a 48 kHz sample rate, a bit-depth of at least 16 bit (preferably 24 bit) and pre-configured encoding parameters set by the codec developers.
The test sequences used were approximately 15 seconds either unprocessed PCM (WAV or AIFF), DSD (SACD), or Dolby-E encoded with material processed using broadcast processors (such as Optimod).In EBU Phase 1 and 2 the subjective tests were preceded by a pre-selection process, during which the number of test sequences was reduced down to ten per Phase. In addition, the pre-selection panel selected four items to be used for training. The items selected for test and training in Phase 3 were extracted from the set of items used in Phases 1 and 2 (see Table 4 ).
The encoded bit-streams were analyzed to determine the veracity of the actual operating bitrates of the encoders were to their selected bit-rates. Verification was performed for each software codec, at each of its bit-rates and for each test item.
In Phase 3, bit-rates were calculated using the following formula:
Coded file/kbyte * 8 / length of the sequence/s = bit-rate kbit/s
Verification of bit-rates in Phases 2 and 3 were performed in a slightly different way. Instead of checking the bit-rate of each individual test and training item separately, the bit-rates of all test and training sequences were verified in a batch, which made the whole verification process much faster. The grading in EBU Phase 3 was based on diffgrade transformation which is represented as : 5.0 -ITU 1116 impairment score, where the transformed score ranges from 0 for "Imperceptible" through -4 for "Very Annoying".
For each coded sequence the subjects produced a single aggregate assessment. Such an assessment includes several perceptual dimensions from the artefact judging criteria give in Table 5 . The subject inhenerently was asked to decide how to weight these parameters according to their preference. The listening test was split into training and true evaluation phase, with the training phase subdivided into two parts, where (i) in the first part the listeners were involved in becoming familiar with all the multichannel audio items (viz., both the reference and coded versions) and for them to adjust the listening level to a comfortable setting, and (ii) in the second part to learn how to use the test equipment and the grading scale by means of 4 specially selected multichannel audio training items (which were not to be included in the main test).
In the second part each of the subjects were able to listen to all 4 multichannel audio training items at the different possible degradations in order to illustrate the whole range of possible qualities. Similar to the test items, these training items were more or less critical depending on the bit-rate and other conditions used (such as the codecs used). In this part of the training phase the subject was asked to use the available scoring equipment and to evaluate the impairment of the items by inputting the appropriate scores on the impairment scale.
Test instructions were handed out to the prospective assessors before they started to carry out the subjective evaluations over each test item which was approximately 15 seconds long. The subjects were asked to listen to the reference and the test content by clicking on the appropriate buttons. They were allowed to listen to the signals in any order, any number of times. Repeated playback is available with a loop-based functionality. If the subject wanted to focus on a certain part of the multichannel audio item, they were allowed to select that part by adjusting the position of the start and end markers. The subject is allowed to adjust these markers only after listening to the whole multichannel audio item. A slider for scoring of each test item relative to the reference signal was used to indicate the subject's opinion of the current signal impairment.
In order to obtain comparable results that could be used by the same statistical model, the listening conditions of all three participating laboratories were aligned substantially in terms of equipment used as much as possible. The listening tests had to provide sufficient statistical coverage of each of the codecs under test, aiming for at least 15 listeners per codec. The number of codecs each listener should listen to was chosen to be 4. This was considered a sensible number of stimuli for each listener: not too many to cause fatigue or confusion, but enough to get sufficient coverage. Each listener would cover all 10 test items, along with 4 training items. The codecs were split into three groups. The first group contained the 4 emission-only codecs. The 10 cascades were then split into two groups of 5 to make the second and third groups. Each session contained at least one codec from each group. Each session file was generated with a pseudo-random combination of codecs from the three groups, so that each listener received a different file. The codecs covered by all the session files were counted to ensure each codec was evaluated by at least 15 listeners.
The test results are presented in terms of means of diff-grades and confidence intervals for the means. The confidence intervals give a range of values around the mean where one expects the "true" (population) mean to be located with a given level of certainty. In the presented results the level of certainty has been chosen to be 95%. Two rejection criteria were devised for postscreening of the listeners in the test phase. All the listeners' results were checked with these rejection criteria. If any of the listeners failed any of these, they were removed from the results. The two criteria were: (a) analyzing diff-grades of all codec evaluations against the individual listener's diff-grades with a rejection criterion: t-score > -2.0 (which determined whether a listener significantly differed from the trend of the whole population of listeners); (b) analyzing the average diff-grades of the hidden reference for each listener with a rejection criterion being mean diff-grade < -0.25 (which determined whether a listener could reliably identify the hidden reference or whether they could just be guessing).
A summarized result is given in Figure 10 , where the blue bars represents the mean diff-grades over all items. The vertical black lines, overlaying the mean diff-grades, are the 95% confidence intervals of the mean diff-grades. The white horizontal lines represent the mean diff-grade of the worst case item. The name of the corresponding worst case item is also listed at the bootom of the figure. The identification of the codec-cascade is provided in the EBU report. 
Conclusions
Listening for impairments introduced by multichannel audio codecs is an important task. Classical objective methods are not adequate in assessing audio coding schemes. Accordingly, the ITU-R BS.1116 & 1534 recommendations provide guidelines for subjective evaluation of codecs.
In this tutorial paper we presented a fairly detailed overview of the intricate and involved process required to conduct formal listening tests using the ITU-R BS.1116 recommendations. Several key components covered are, proper experimental design, selection of listening panel and training of listeners, developing the test methodology, selecting balanced program material, listening for artifacts, and statistical analysis. Furthermore, we have addressed additional aspects, that the recommendation does not cover in sufficiently detail, such as proper loudspeaker-room alignment (which is important to consider for critical judgement of codec impairments), as well as non-parametric statistics for small sample sets for interpreting the results from listening tests.
Any subjectivelistening tests being conducted by organizations interested in evaluating audio codecs should carefully consider the various components in designing the test as established by the ITU-R recommendations as well as the additional aspects provided in this tutorial paper.
